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Abstract 
This paper presents essential techniques and parameters 
required for designing a system that efficiently transmit 
multiple hi−fi audio signals over wireless channel using 
direct sequence spread spectrum (DSSS) technique. The 
requirements are to support up to 32 users at coverage 
range similar to wireless LAN.  Simulation results show 
that directly spread each user data exhibits the best 
signal-to-interference ratio (SIR). In addition, the system 
must incorporate power control, channel coding, as well 
as limiting the number of active users. As such, the 
proposed techniques can accommodate up to 8 users at a 
chip rate of 4.096Mcps (with processing gain of 32 and 
channel coding rate 1/2). More users can be supported 
via frequency division multiplex (FDM) technique. 
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1.  Introduction 
It is undoubtedly that wireless communication has 
become the fifth essence in most people lifestyle due to 
its mobility, flexibility, and accessibility. Major wireless 
communication is the cellular system which originally 
intended for voice communication. However, as wireless 
technology enters its maturity, data and high−bandwidth 
applications via cellular system such as short message 
service (SMS), multimedia message service (MMS), 
video/audio stream, etc. have gained more popularity. It 
is believed that PCM−like voice service would be soon 
replaced by hi−quality audio service. This is clearly seen 
by newer cellular technologies which are multimedia− 
oriented. For example, the 3G mobile systems support up 
to 2Mbps (WCDMA) and up to 3Mbps (cdma2000). The 
4G standard aggressively aims for 20Gbps or beyond to 
enable bandwidth−hungry multimedia applications in the 
near future. 
In parallel, local area network that primarily provides 
data communication among computers have also gone 
wireless. This flexibility has enabled WLAN to become 
part of the digital home environment where multimedia 
contents are transmitted wirelessly throughout a house. 
Current WLAN standards include 802.11 and 802.11g 
which support data rates up to 11Mbps and 54Mbps, 
respectively. It should be noted that both 3G cellular and 
WLAN systems employ direct sequence spread spectrum 
(DSSS) which provides efficient wireless transmission of 
high−speed data under noisy environment. 
Of all large−bandwidth multimedia applications, an 
application to transmit simultaneous hi−fi audio streams 
(near−CD quality) locally is being of interest for use in 
wireless microphone, wireless home theater system, etc. 
Nevertheless, technology of present cellular system can 
only support PCM−like voice quality due to hardware 
and bandwidth limitations. WLAN, in contrast, seems to 
be more appropriate but it cannot prioritize audio packet 
which would result in a noticeably long delay. Multiple 
hi−fi audio streams would be much worse. 
This research, as a result, draws a design framework 
to support such application. While techniques presented 
here may not be entirely novel but to harmonize them 
together as a design framework so as to develop a system 
prototype is quite challenging. Basic requirements of the 
system are to support up to 32 users concurrently using 
DSSS technique, each user transmit hi−fi audio frame at 
around 4Mcps (million chips per second), and to provide 
BER ≤ 10
-5 (this is required by our wavelet−packet hi−fi 
audio CODEC that is being developed in parallel). The 
design framework then shall include spreading structure, 
spreading code/gain, number of active users supported, 
power control requirement, and required channel coding. 
The rest of the paper is organized as follow: Section 2 
gives background of DSSS technique. Section 3 presents 
design framework of the system. Simulation results are 
provided and discussed in Section 4. Section 5 concludes 
and presents future work. 
 
2.  DSSS Background 
Wireless communication based on DSSS technique 
[1] allows each user to transmit a signal at the same time  
and same frequency band identified by PN−codes. At the 
transmitter, each data bit is spread (i.e., multiplied) with 
PN−code that has a chip rate much higher than the data 
rate. The characteristics of the original signal become 
broader spectrum (wideband) and lower power spectral 
density (PSD), very similar to white noise. This spread 
spectrum signal is then combined with others (that are 
spread with different PN−codes) at the same time and are 
transmitted on the same frequency. At the receiver, the 
combined signal is de−spread (multiplied) with the same 
PN−code to reconstruct the original (narrowband) signal. 
Other signals when de−spread with different code than 
itself will still be wideband signal, resulting in high 
signal−to−interference ratio (SIR). The higher chip rate 
as compared to data rate is, the higher SIR we can 
achieve. We usually call this ratio “processing gain: PG” 
(N=TC/TB) which equals to the length of the PN−code. 
DSSS system concept is show in Figure 1 
 
Figure 1 Concept of DSSS System 
To employ the DSSS concept efficiently, one should 
choose and assign the PN−codes to each user carefully. 
This is because wideband signal from other users should 
still be spread at the receiver when it is de−spread by 
code not of itself. In other words, the selected PN−codes 
should have low cross−correlation and at the same time 
high auto−correlation, to maximize the SIR. Three major 
PN−codes are m−sequence, Gold, and Kasami. The last 
two are more employed due to easy code generation and 
lower cross−correlation. Regardless of PN−codes used, 
system performance is always limited by the number of 
users where more users would result in higher SIR (thus 
bit−error−rate: BER). Especially, when users are not 
equally located from the receiver, the farther users would 
be interfered by stronger signals from the nearer users; 
this is called “near−far effect [2]”. This can be alleviated 
by power control mechanism which each user controls 
its transmitted power such that the signal power from all 
users at the receiver are almost the same. 
 
3.  Design Framework 
System Requirements 
The system of concern consists of a single receiver 
(RX) and 32 transmitters (TXs) as shown in Figure 2 
where TXs are randomly located between 1 to 5 meters 
from RX. We assume that the system is synchronized but 
TX may send data to RX anytime. DSSS and QPSK are 
selected to efficiently utilize the RF bandwidth which is 
around 5MHz, sufficient to support chip rate similar to 
that of 3G system. This allows us to develop the system 
with mature technologies (such as DAC and ADC). 
 
Figure 2 DSSS System of Interest 
Our preliminary study shows that the bit rate of hi−fi 
audio data before spreading is 64−256kbps (depending 
on the audio CODEC used). Hence, with the final chip 
rate of 4Mcps, PG of the system must be less than 32. In 
addition, the system BER must be less than 10
-5 in order 
to effectively transmit hi−fi audio data through wireless 
channel. Because there are several factors that can affect 
the system performance, system simulation is required to 
get insight into how much each factor plays a role in the 
performance—this is the design framework presented 
here. The impact factors are spreading structure, power 
control requirement, processing gain and number of 
active users supported, and channel coding requirement. 
The Design Framework 
We adopt the framework by developing m−files to be 
processed with MATLAB software. Simulations are 
conducted in steps to analyze the impact of each factor 
on system performance as described below: 
1. Spreading Structure 
It is clear that SIR depends on PG and the number of 
channels (each channel is separated by a PN−code) in the 
system, when the chip rate (and data rate) is fixed. PG 
can be increased as more channels are assigned to a user. 
Contradictory, more channels means lower SIR but more 
PG means higher SIR. Thus, various spreading structures 
are designed to find suitable SIR with high average, low 
variance, and high minimum values, to guarantee that 
signal quality of all users are good and almost the same. 
Simulation model assumes 32 users transmit data with 
the same amount of power seen by RX (assume perfect 
power control) through the selected spreading structure. 
Then SIR of each de−spread bit is calculated and plotted 
in terms of probability density function (PDF). PN−code 
assumed are Gold [3] and orthogonal codes, the former 
has low cross−correlation whereas the latter has zero 
cross−correlation but requires perfect synchronization 
among channels.  
 
Figure 3 Direct Spread with Gold Code  
The spreading structures of interest are Model I where 
1,024−bit data frame of each user is directly spread with 
32,768−chip Gold code, i.e., PG=32, as shown in Figure 
3. In Model II, shown in Figure 4, 1,024−bit data frame 
of each user is de−multiplexed [4] into two channels of 
512−bit each and is spread with 32,768−chip orthogonal 
code, i.e., PG=64. The signal is gain adjusted to provide 
the same dynamic range or average power as in Model I. 
Both channels are summed together and spread again 
with Gold code. This structure increases channels per 
user to increase PG when it first spread with orthogonal 
code but second spread with Gold code is for user 
separation only. Model III is very similar to Model II 
except there are four channels per user which increases 
PG to 128, as shown in Figure 5. 
 
Figure 4 2-channel Spread with Gold/Orthogonal Codes 
 
Figure 5 4-channel Spread with Gold/Orthogonal Codes 
2. Power Control Requirement 
Power control is imperative in DSSS system such as 
3G cellular to alleviate the near−far effect. However, for 
short−range communication like our system where TXs 
are considered in proximity with RX, power control may 
not be significant. In response to this hypothesis, we 
simulate SIR versus distance when all 32 users transmit 
equal power but are randomly located between 1 to 5 
meters from RX. Path loss for each user is calculated by 
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3. Processing Gain and Number of Active Users 
To evaluate the feasibility of our system to transmit 
32 hi−fi audio streams (active users) with BER ≤ 10
-5, 
we simulate the effect of PG and number of active users 
on BER under different noise power, assuming perfect 
power control. 
 
4. Channel Coding Requirement 
Channel coding can reduce BER but always increases 
the data bit rate. As a result, channel coding comes at a 
price of lower PG when the final chip rate is fixed. This 
simulation investigates the effect of channel coding to 
see if it can reduce more BER than the structure without 
channel coding, given the same chip rate. 
 
4.  Simulation Results 
Efficient Spreading Structure 
We compare all three models based on the simulated 
PDF of SIR in two cases: equal dynamic range (left) and 
equal output power (right) as plotted in Figure 6 and 7. 
 
Figure 6 PDF of SIR at Pn= −5dB 
 
Figure 7 PDF of SIR at Pn= +8dB 
It is clear that Model I yields the highest average SIR. 
Increasing the number of channels per user as in Model 
II and III can reduce the variance of SIR as orthogonal 
code eliminates all intra−channel interference. However, 
at higher noise (Figure 7) and same dynamic range, the 
performance of Model II and III deteriorates because of 
wider variance and lower average SIR values. Model I, 
on the other hand, is quite insensitive to noise power and 
is more appropriate. Therefore, we assume Model I in 
our simulation from now on, unless stated otherwise. 
 
Figure 8 Random Distances between TX/RX (left) and the 
Corresponding SIR (right)  
Effect of TX/RX Distance on SIR 
Simulation result of SIR versus TX/RX distance is 
shown in Figure 8. SIR for each user at RX can vary 
significantly from close to one (User #1) to almost 35 
(User #24). This is quite clear when we consider Eq [1]. 
We conclude that the near−far effect is even exacerbated 
for shorter−range communication. Consequently, power 
control is required in our system and we assume perfect 
power control in subsequent simulations unless specified 
otherwise. 
 
Figure 9 BER versus PG (left) and # of Active Users (right) 
Effect of Processing Gain and Active Users on BER 
We plot BER versus processing gain of 16, 32, and 
64, respectively in Figure 9 (left). It is clear that higher 
PG as well as transmit at more power (higher SNR) can 
reduce BER. However, BER would not reduce further 
when SNR ≥ −5dB. This is a point where AWGN noise 
becomes significant compared to interference from other 
users. It seems that increasing PG only will not lead to 
the target BER of 10
-5. Figure 9 (right) shows the effect 
of active users on BER, when PG is fixed at 32 while 
varying users from 32, 16, 12, 8, and 6. We find that 
BER drops much faster which clearly indicate that our 
system is suffered by too many users, i.e., the system is 
saturated and interference mostly comes from other 
users. Nevertheless, BER is still far from 10
-5 even at 6 
users. To support 32 users, we propose the use of FDM 
technique that multiplexes 4 frequency bands, each band 
supports up to 8 users. Additional techniques are still 
needed to improve BER to meet the requirement. 
 
Figure 10 BER versus # of Active Users with and without 
Channel Coding 
Effect of Channel Coding and Processing Gain on BER 
At the fixed final chip rate, we simulate a system with 
PG = 32 and 3GPP−based 1/2 convolutional encoder and 
a system with PG = 64 and no channel coding, at various 
number of active users. The results are plotted in Figure 
10 for SNR equals to 0 and 200dB. When there are fewer 
users in the system, BER is mostly affected by AWGN 
noise which can be effectively guarded against by using 
channel coding. In fact, we can expect the required BER 
of 10
-5 at 8 active users with 1/2 convolutional coding. 
On the other hand, when there are more users, BER is 
controlled by user interference which can be alleviated 
by increasing PG. We can conclude that decreasing the 
number of active users together with channel coding is 
an approach to yield BER within the specified value. 
Lower BER can be expected if more efficient channel 
coding is employed instead such as Turbo code. 
 
5.  Conclusion and Future Work 
This paper presents a design framework to transmit 
multiple hi−fi audio signals over wireless channel using 
DSSS. The system requirements are to support 32 users 
with the chip rate and bandwidth similar to that of 3G 
system. System BER should be less than 10
-5 to preserve 
the audio quality. Our simulation results show that 
Model I is a suitable spreading structure equipped with 
power control which can be open loop for simplicity. 
Channel coding and FDM multiplexing techniques are 
required to reduce the number of active users such that 
the required BER can be met. We conclude that such 
system is feasible and can be prototyped with current 
technologies. Nevertheless, software simulation may not 
accurately represent real situations in a timely fashion. 
Thus, we are prototyping the system based on FPGA to 
investigate the unknowns in more details. This would 
lead to the development of commercial products more 
effectively and efficiently. 
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